This research work presents an oesophageal speech improvement algorithm using Wavelet and Kalman Filtering approach. In both techniques, it has been used different mother wavelet for wavelet approach and different measurement noises for Kalman filtering. People who have suffered from larynx cancer have enormously low intelligibility due to the surgery. A new algorithm has been developed to improve the speech quality. The algorithm consists of enhancing the Shimmer and HNR parameters using Discrete Wavelet Transform (DWT) and Kalman Filtering. By taking advantage of the Wavelet Transform's special time-frequency properties, a corrective algorithm in the form of a wave is applied for the signal intervals in which the shimmer measurement goes beyond normal levels. Therefore, an atomized control of the signal peaks is carried out, having an effect on the normalization of the shimmer. Regarding Kalman filtering, it is proved that the noise obtained from an oesophageal voice during periods of silence is the most suitable. The speech enhancement has been measured using Multidimensional Voice Program tool (MDVP) [1] .
Introduction
The laryngectomy is an operation that is performed in people with laryngeal cancer. This paper is presented with the purpose of helping people who suffered a laryngectomy, that is, laryngectomees. This research work intends to provide a solution to the problem suffered by these people with respect to communication. The removal of the larynx, or laryngectomy, has proven over the years to be a very effective treatment for larynx tumours. This operation is performed with serious illness such as laryngeal cancer. After surgery, patients must learn to speak again. They use the oesophagus to blow air into the vocal tract. Due to the removal of larynx, the intelligibility of oesophageal speech is very low. The main aim is the enhancement of oesophageal speech quality in order to make it more understandable.
The latest incidence statistics for laryngeal cancer in Spain are 2013. In this year, there were 3401 new cases of this kind of cancer [2] . It is estimated that there are 136,000 new cases diagnosed in the world.
The algorithm improves the intelligibility of laryngectomees in communications. The main parameters transformed in the voice improvement algorithm were shimmer [3] , and Harmonic to Noise Ratio (HNR) [4] . It is well known that these parameters are related to intelligibility [5] . In this process, wavelet transform and Kalman filter techniques were used. The wavelet transform is used to reduce the breathing noise, very typical in oesophageal voice. At the same time, the shimmer of the speech is improved. The Kalman filter is used to reduce the noise of speech.
This work focuses in the improvement of Spanish /a/ phoneme like in other researches [5, 6] . The speech enhancement has been measured using Multidimensional Voice Program tool (MDVP) [1] .
Methods

Acoustic Parameters Used
The improvement of voice will be measured by the analysis of shimmer and HNR. In order to obtain these two parameters it is necessary to measure the pitch. (1) where N is the number of pitch instants and are pitch periods [7, 8, 9] .
Shimmer is a parameter which represents the amplitude perturbation of speech at the instants of pitch [3] . The voice that is produced in the vocal cords is nearly constant in amplitude, thus increasing the value of shimmer may involve a symptom of a voice disorder. The equation in (2) is used in this paper to measure the shimmer: (2) being A i the amplitude in the instant i. There are many measurements of shimmer but in this work the parameter has been calculated in dB [12] .
The HNR is defined as the ratio between periodic (r p ) and aperiodic energy (r ap ) components (3) [4] :
As said in the previous section, these two measurements are carried out with the help of the MDVP software. This software gives automotive good estimations of laryngeal voice signal; however, it does not work properly with oesophageal speech. In order to overcome this problem the pitch period marks have been introduced manually. By so doing, the pitch is calculated and then Shimmer and HNR are obtained.
The MDVP is set to measure HNR as the harmonic spectral energy in 70 -4500 Hz frequency band and enharmonic spectral energy in 1500 -4500 Hz band [5, 6] .
Wavelet Transform Theory
The wavelet transform is a special type of Fourier transform which represents a signal in terms of translated and scaled versions of a finite wave. This wave is called mother wavelet [10, 11 and 12] . Wavelet transform can consider as a forms of time-frequency representation. This is called the multi-resolution analysis [13, 14] . There are many basis functions or mother wavelets families. Among of them the most important are: Haar, Symlet, Coiflet, Daubechies, Meyer, Biorthogonals etc. [12, 14] .
In this research work Discrete Wavelet Transform (DWT) is used, as in other many applications [16] . DWT uses two discrete-time filter banks: finite impulse response (FIR) and infinite impulse response (IIR). In summary, the DWT of a x[n] signal, speech in our case, is calculated by passing two filters: low pass filter and high pass filter: (4) (5) where the g[n] is the low pass filter and h[n] is the high pass filter. One of the filters represents the mother wavelet, the highest level of the bandwidth, and the other one, the scaling function cover the lowest part [13, 14] . (4) and (5) as one stage of an iterated filter bank.
The decomposition has halved the time resolution but it has half frequency band, therefore, the output has double resolution.
This decomposition can be repeated as many times as wanted, resulting new decomposition levels. The approximation coefficients are decomposed with high and low filter in order to obtain a new level. The detail coefficients are maintained.
Kalman Filter
The Kalman filter is a set of mathematical equations that provide an efficient recursive computational solution of the mean square error method. The filter is very powerful in several aspects: it states compatible with the past, present and future estimations and can do so even when the precise nature of the modelled system is unknown. Therefore, we could say that the Kalman filter is a linear estimator that solves the problem of state estimation of dynamic systems with different noises.
Kalman filtering has been used many times in speech and it was introduced first in [15] . In many contributions white noise is used but coloured noise is introduced in [16] . Some Kalman Filter developments have been proposed for speech improvement focusing in speech modelling [17, 18] , others on parameter estimation [19, 20] .
The speech is characterised by clean speech and additional zero mean coloured noise. This is performed using Autoregresive (AR) model: (6) where are Linear Prediction Coefficients (LPC). The state transition matrix, , consists of Linear Prediction Coefficients (LPC). In the equation (6), p represents the system order and is chosen 14 in this work.
Design
The general goal of this investigation, and so of all the previous researches [5] is the improvement of the oesophageal voices' quality [6] . Certainly the specific aim of this research is the spectral and temporal correction of the shimmer and HNR parameters of these voices by the Wavelet Transform and Kalman Filtering. For that purpose two different stages have been concatenated: firstly, wavelet stage, and secondly, Kalman filter stage.
The first stage, Wavelet transform, is implemented using DWT. Multiresolution analysis says that DWT gives good frequency resolution and poor time resolution at low frequencies. The general idea of this stage is to apply DWT in order to decompose signal in frequency bands for denoising 0 -50 Hz frequency range.
Before applying the DWT, the signal is processed. That is, a resample of the original signal, x[n], at a sampling frequency of 12800 Hz. This is so done, as when applying the transformed DWT, the detail signals remain between the frequency bands that are suitable for pitch detection [21, 22, 23, 24, 25 and 26] . More specifically, the oesophageal voices have a pitch nearing 60 Hz. On doing the abovementioned resample and the following transformed DWT, one of the details is found in the frequency band level of 50 Hz -100 Hz. This means that the original pitch signal's information is located within this detail. Low-frequency noise present in oesophageal voices are found in the 0 Hz-50 Hz level. We should eliminate this noise before modifying the pitch's peak amplitude.
In short, so as to control the high rates of the shimmer parameter in oesophageal voices, the following steps should be taken: carry out a resample of the original signal at Fs = 12800 Hz; after this the transformed DWT should be done. We have used several mother wavelets. To be precise, we use: Symlet, "bior 6.8", Coiflet, "db6", Haar and Meyer. Once the DWT transform has been done, the low-frequency noise in the 0 Hz -50 Hz frequency band is eliminated. After this pre-processing, the amplitude of the maximums in the 50 Hz -100 Hz frequency band is modified, as this is where the information on oesophageal voices is to be found. Figure 2 shows the frequency band tree when DWT is applied.
The second important step of the algorithm is Kalman Filtering (KF). The state transition matrix is performed as: (7) In the KF, the incoming real signals are the speech and noise. The noise could be randomly created, but in this research work different noises have been used: white, brown, violet, pink and noise obtained from an oesophageal voice during periods of silence. Quantification noise is an unwanted but also unavoidable problem of every digital system. In this case, as both signals are quantified separately, this effect can be minimized without much computational load.
Results and Conclusion
On the one hand, in the DWT + Kalman Filtering algorithm, the inputs of the developed algorithm are the samples of the oesophageal voice, which shimmer and HNR parameters have been previously evaluated.
After the application of the DWT algorithm based on the analysis and processing by different mother wavelet, the speech signal has been reconstructed. When measuring the shimmer in this reconstructed signal, the obtained results are shown in table 1. The differences among the processed voices with respect to the original ones are shown in figure  3 .
As is shown in the table 1 the shimmer has improved in 29 of 30 cases for Bior 6.8 mother wavelet. Other cases are not significant. This fact can be appreciated in figure 3 ; the red line corresponds to Biot 6.8. It shows that this wavelet mother is reducing more shimmer. Focusing on statistics results, Wilcoxon test has been developed due to the originals samples are not normally distributed. Regarding to test, P<0.0001, which means that reject the null hypothesis (the average of differences of originals and bior 6.8 are equal to zero) and there is significances between two groups of samples. The test shows that using other wavelets results are: DB6 (P=0.116), Meyer (P=0.118), Haar (P=0.139), Coiflet (P=0.181) and Symlet (P=0.484). The usage of the Wavelet Transform for the analysis and processing of oesophageal voices is successful in the improvement of the shimmer, which is the aim one of the paper. Therefore, DWT improvement is suitable techniques in the speech enhancement context using a suitable mother wavelet.
Regarding to the Kalman filtering and HNR parameter, the table 2 shows that the most effective measurement noise is the oesophageal voice during periods of silence. It reduces the HNR parameter in 3.354 dB in average. This fact is appreciated in figure 4 in which green line shows the greatest improvement of HNR parameter. Focusing on statistics results, T-test has been developed due to the originals samples are normally distributed. Regarding to test, P<0.0001, which means that reject the null hypothesis (the average of processed data with noise during the period of silence are equal to originals) and there is significances between two groups of samples. The test shows that using other noises results are: white (P=0.142), pink (P=0.298), brown (P=0.035) and violet (P=0.005). As can be seen brown and violet measurement noises are significant with respect to originals. Nevertheless, the noise during silence gives the best results.
The global improvement in average taking to account two stages for shimmer has been 0.5 dB and 2.605 dB for HNR. 
